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APPARATUS AND METHOD FOR 
SEPARATING MUSIC AND VOICE USING 
INDEPENDENT COMPONENT ANALYSIS 
ALGORITHM FOR TWO-DIMENSIONAL 

FORWARD NETWORK 

BACKGROUND OF THE INVENTION 

1. Technical Field 
The present disclosure relates to a song accompaniment 

apparatus and method, and more particularly, to a song 
accompaniment apparatus and method for eliminating voice 
signals from a mixture of music and voice signals. 

2. Description of the Related Art 
Song accompaniment apparatuses having karaoke func 

tions are Widely used for singing and/or amusement. A song 
accompaniment apparatus generally outputs (e.g., plays) a 
song accompaniment to Which a person can sing along. 
Alternatively, the person can simply enjoy the music Without 
singing along. As used herein, the term “song accompani 
ment” refers to music Without voice accompaniment. In such 
song accompaniment apparatuses, a memory is generally 
used to store the song accompaniments Which a user selects. 
Therefore, the number of song accompaniments for a given 
song accompaniment apparatus may be limited by the stor 
age capacity of the memory. Also, such song accompani 
ment apparatuses are generally expensive. 

Karaoke functions can be easily implemented for compact 
disc (CD) players, digital video disc (DVD) players, and 
cassette tape players outputting only song accompaniment. 
Users can play their oWn CDs, DVDs, and cassette tapes. 
Similarly, karaoke functions can also be easily implemented 
if voice is eliminated from FM audio broadcast outputs (e. g., 
from a radio) such that only a song accompaniment is 
output. Users can play their favorite radio stations. 

Acoustic signals output from CD players, DVD players, 
cassette tape players, and FM radio generally contain a 
mixture of music and voice signals. Technology for elimi 
nating the voice signals from the mixture has not been 
perfected yet. A general method of eliminating voice signals 
from the mixture includes transforming the acoustic signals 
into frequency domains and removing speci?c bands in 
Which the voice signals are present. The transformation to 
frequency domains is generally achieved by using a fast 
Fourier transform (FFT) or subband ?ltering. A method of 
removing voice signals from a mixture using such frequency 
conversion is disclosed in US. Pat. No. 5,375,188, ?led on 
Dec. 20, 1994. 

HoWever, since some music signal components are 
included in the same frequency bands as voice signals, in the 
range of several kHZ, some music signals are lost When 
those frequency bands are removed, thereby decreasing the 
quality of the output accompaniment. To reduce the loss of 
music signals from the mixture, an attempt has been made 
to detect a pitch frequency of the voice signals and remove 
only a frequency domain of the pitch. HoWever, since it is 
dif?cult to detect the pitch of the voice signals due to the 
in?uence of the music signals, this approach is not very 
reliable. 

SUMMARY OF THE INVENTION 

The present invention provides an apparatus for separat 
ing voice signals and music signals from a mixture of voice 
and music signals during a short convergence time by using 
an independent component analysis method for a tWo 
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2 
dimensional forWard netWork. The apparatus estimates a 
signal mixing process according to a difference in recording 
positions of sensors. 
The present invention provides a method of separating 

voice signals and music signals from a mixture of voice and 
music signals during a short convergence time by using an 
independent component analysis algorithm for a tWo -dimen 
sional forWard netWork. The method estimates a signal 
mixing process according to a difference in recording posi 
tions of sensors. 

According to an aspect of the present invention, there is 
provided an apparatus for separating music and voice from 
a mixture comprising an independent component analyZer, a 
music signal selector, a ?lter, and a multiplexer. 

The independent component analyZer receives a ?rst 
?ltered signal and a second ?ltered signal comprising of 
music and voice components, and outputs a current ?rst 
coefficient, a current second coe?icient, a current third 
coefficient, and a current fourth coefficient, Which are deter 
mined using an independent component analysis method. 
The music signal selector outputs a multiplexer control 

signal in response to a most signi?cant bit of the second 
coefficient and a most signi?cant bit of the third coefficient. 
The ?lter Which receives an R channel signal and an L 

channel signal representing audible signals, and outputs a 
?rst ?ltered signal and a second ?ltered signal. 
The multiplexer selectively outputs the ?rst ?ltered signal 

or the second ?ltered signal in response to a logic state of the 
multiplexer control signal. 
The ?lter may further include a ?rst multiplier Which 

multiplies the R channel signal by the ?rst coe?‘icient and 
outputs a ?rst product signal; a second multiplier Which 
multiplies the R channel signal by the second coe?icient and 
outputs a ?rst product signal; a third multiplier Which 
multiplies the L channel signal by the third coef?cient and 
outputs a third product signal; a fourth multiplier Which 
multiplies the L channel signal by the fourth coefficient and 
outputs a fourth product signal; a ?rst adder Which adds the 
?rst product signal and the third product signal to determine 
the ?rst ?ltered signal; and a second adder Which adds the 
second product signal and the fourth product signal to 
determine the second ?ltered signal. 
The independent component analyZer may calculate the 

current ?rst coefficient, the current second coefficient, the 
current third coe?icient, and the current fourth coefficient 
from the folloWing equation,: 

Wherein W” is a 2x2 matrix composed of the current ?rst 
coefficient, the current second coefficient, the current 
third coefficient, and the current fourth coefficient, WW 1 
is a 2x2 matrix composed of a previous ?rst coe?icient, 
a previous second coefficient, a previous third coeffi 
cient, and a previous fourth coefficient, I is a 2x2 unit 
matrix, u is a 2x1 column matrix composed of the ?rst 
?ltered signal and the second ?ltered signal, and ur is 
a roW matrix, Wherein uT is the transpose of the column 
matrix u. 

The current ?rst coefficient, the current second coe?icient, 
the current third coefficient, and the current fourth coeffi 
cient are respectively Wn11, Wn21, Wn12, and Wn22, the 
previous ?rst coe?icient, the previous second coefficient, the 
previous third coefficient, and the previous fourth coefficient 
are respectively Wn_l11, Wn_121, Wn_l12, and Wn_122, and 
the ?rst ?ltered signal and the second ?ltered signal are 
respectively u1 and u2. 
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The R channel signal and the L channel signal may be 
exchangeable Without distinction. 

The R channel signal and the L channel signal may be 
2-channel stereo digital signals output from an audio system 
including a CD player, a DVD player, an audio cassette tape 
player, or an FM audio broadcasting receiver. 

According to another aspect of the present invention, 
there is provided a method of separating music and voice, 
comprising: (a) receiving at an independent component 
analyZer a ?rst ?ltered signal and a second ?ltered signal 
comprising of music and voice components and outputting 
a current ?rst coef?cient, a current second coef?cient, a 
current third coef?cient, and a current fourth coef?cient; (b) 
generating a multiplexer control signal in response to a most 
signi?cant bit of the second coef?cient and a most signi?cant 
bit of the third coef?cient; (c) receiving an R channel signal 
and an L channel signal representing audible signals, and 
outputting the ?rst ?ltered signal and the second ?ltered 
signal; and (d) selectively outputting the ?rst ?ltered signal 
or the second ?ltered signal in response to a logic state of the 
multiplexer control signal. 

The step (c) may further include: (i) generating a ?rst 
product signal by multiplying the R channel signal by the 
current ?rst coe?icient; (ii) generating a second product 
signal by multiplying the R channel signal by the current 
second coef?cient; (iii) generating a third product signal by 
multiplying the L channel signal by the current third coef 
?cient; (iv) generating a fourth product signal by multiply 
ing the L channel signal by the current fourth coef?cient; (v) 
generating the ?rst ?ltered signal by adding the ?rst product 
signal and the third product signal; and (vi) generating the 
second ?ltered signal by adding the second product signal 
and the fourth product signal. 

The independent component analyZer may calculate the 
current ?rst coef?cient, the current second coef?cient, the 
current third coef?cient, and the current fourth coef?cient 
from the folloWing equation: 

Wn:Wn,l+(1-2 tan 1104M) WWL 

Wherein W” is a 2x2 matrix composed of the current ?rst 
coef?cient, the current second coe?‘icient, the current third 
coef?cient, and the current fourth coef?cient, WWl is a 2x2 
matrix composed of a previous ?rst coef?cient, a previous 
second coef?cient, a previous third coefficient, and a previ 
ous fourth coef?cient, I is a 2x2 unit matrix, u is a 2x1 
column matrix composed of the ?rst ?ltered signal and the 
second ?ltered signal, and uT is a roW matrix, Wherein uT is 
the transpose of the column matrix u. 

The current ?rst coef?cient, the current second coef?cient, 
the current third coef?cient, and the current fourth coeffi 
cient are respectively Wn11, Wn21, Wn12, and Wn22, the 
previous ?rst coef?cient, the previous second coef?cient, the 
previous third coefficient, and the previous fourth coef?cient 
are respectively Wn_l11, Wn_121, Wn_l12, and Wn_122, and 
the ?rst ?ltered signal and the second ?ltered signal are 
respectively u1 and u2. 

The R channel signal and the L channel signal may be 
exchangeable Without distinction. 

The R channel signal and the L channel signal may be 
2-channel stereo digital signals output from an audio system 
including a CD player, a DVD player, an audio cassette tape 
player, or an FM audio broadcasting receiver. 

BRIEF DESCRIPTION OF THE DRAWINGS 

Preferred embodiments of the invention can be under 
stood in more detail from the folloWing descriptions taken in 
conjunction With the accompanying draWings in Which: 
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4 
FIG. 1 is a block diagram of an apparatus for separating 

music and voice, in accordance With a preferred embodiment 
of the present invention; and 

FIG. 2 is a How diagram of an independent component 
analysis method, in accordance With a preferred embodi 
ment of the present invention. 

DETAILED DESCRIPTION OF THE 
INVENTION 

Preferred embodiments of the present invention Will noW 
be described more fully hereinafter With reference to the 
accompanying draWings, in Which preferred embodiments 
of the invention are shoWn. The invention may, hoWever, be 
embodied in different forms and should not be construed as 
limited to the embodiments set forth herein. Rather, these 
embodiments are provided so that this disclosure Will be 
thorough and complete, and Will fully convey the scope of 
the invention to those skilled in the art. 

Referring to FIG. 1, a block diagram is shoWn of an 
apparatus 100 for separating music and voice, in accordance 
With one preferred embodiment of the present invention. The 
apparatus 100 includes an independent component analyZer 
110, a music signal selector 120, a ?lter 130, and a multi 
plexer 140. 

The independent component analyZer 110 receives a ?rst 
output signal MAS1 and a second output signal MAS2, each 
of Which are composed of a music signal and a voice signal. 
The independent component analyZer 110 outputs a current 
coef?cient Wn11, a current second coef?cient Wn21, a 
current third coe?‘icient Wn12, and a current fourth coeffi 
cient Wn22. The current coefficients are calculated using an 
independent component analysis method. The subscript n 
represents a current iteration of the independent component 
analysis method. 
As explained in greater detail beloW, the independent 

component method separates a mixed acoustic signal into a 
separate voice signal and music signal. The independence 
betWeen the voice signal and music signal is maximiZed. 
That is, the voice signal and music signal are restored to their 
original state prior to being mixed. The mixed acoustic 
signal may be obtained, for example, from one or more 
sensors. 

The music signal selector 120 outputs a multiplexer 
control signal, Which has a ?rst logic state (e.g., a loW logic 
state) and a second logic state (e.g., a high logic state). The 
?rst logic state is output in response to a second logic state 
of the most signi?cant bit of the second coe?‘icient Wn21. 
The second logic state is output in response to a second logic 
state of the most signi?cant bit of the third coef?cient Wn12. 
The most signi?cant bits of the second coef?cient Wn21 and 
the third coe?‘icient Wn12 have signs representing negative 
values or positive values. When the most signi?cant bits are 
in a second logic state, the second coef?cient Wn21 and the 
third coef?cient Wn12 have negative values. Here, When the 
second coef?cient Wn21 is negative value, the second output 
signal MAS2 is an estimated music signal. Also, When the 
third coef?cient Wn21 is negative value, the ?rst output 
signal MAS1 is an estimated music signal. 
The ?lter 130 receives an R channel signal RAS and an L 

channel signal LAS, each of Which represent audible signals. 
A?rst multiplier 131 multiplies the R channel signal RAS by 
the current ?rst coef?cient Wn11 and outputs a ?rst multi 
plication result. A third multiplier 135 multiplies the L 
channel signal LAS by the current third coef?cient Wn12 
and outputs a third multiplication result. The ?rst multipli 
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cation result and the third multiplication result are added by 
a ?rst adder 138 to produce the ?rst output signal MAS1. 
A second multiplier 133 multiplies the R channel signal 

RAS by the current second coef?cient Wn21 and outputs a 
second multiplication result. A fourth multiplier 137 multi 
plies the L channel signal LAS by the current fourth coef 
?cient WW2 and outputs a fourth multiplication result. The 
second multiplication result and the fourth multiplication 
result are added by a second adder 139 to produce the second 
output signal MAS2. 

The R channel signal RAS and the L channel signal LAS 
may be 2-channel digital signals output from an audio 
system such as a compact disc (CD) player, a digital video 
disc (DVD) player, an audio cassette tape player, or an FM 
receiver. The same output may result if the values of the R 
channel signal RAS and the L channel signal LAS are 
exchanged. That is, the R channel signal RAS and the L 
channel signal LAS may be exchangeable Without conse 
quence. 

The multiplexer 140 outputs the ?rst output signal MAS1 
or the second output signal MAS2 in response to a logic state 
of the multiplexer control signal. For example, When the 
second coef?cient Wn21 is negative value, the multiplexer 
control signal has the ?rst logic state and the multiplexer 140 
outputs the second output signal MAS2. Also, When the third 
coef?cient Wn12 is negative value, the multiplexer control 
signal has the second logic state and the multiplexer 140 
outputs the ?rst output signal MAS1. Since the ?rst output 
signal MAS1 or the second output signal MAS2 output from 
the multiplexer 140 is an estimated music signal Without a 
voice signal (i.e., a song accompaniment), a user can listen 
to the song accompaniment through a speaker, for example. 

Referring to FIG. 2, a How diagram of the independent 
component analysis method 200 is shoWn, in accordance 
With a preferred embodiment of the present invention. The 
How diagram illustrates an independent component analysis 
method 200 for a tWo-dimensional forWard netWork as 
shown in FIG. 1. The independent component analysis 
method 200 may be performed by the independent compo 
nent analyZer 110 of FIG. 1. 

The independent component analysis method 200 of FIG. 
2 controls the current ?rst coef?cient Wn11, the current 
second coef?cient Wn21, the current third coef?cient Wn12, 
and the current fourth coef?cient Wn22 of FIG. 1. The 
independent component analysis method is implemented as 
a non-linear function (tan h(u)) of a matrix u composed of 
the output signals MAS1 and MAS2 of FIG. 1, as shoWn in 
equation (1) beloW. As previously mentioned, the output 
signals MAS1 and MAS2 are composed of a music signal 
and a voice signal. 

Wn:Wn,l+(1-2 tan hwy/WM (1) 

Wn21, is a 2x2 matrix composed of the current four 
coef?cients (i.e., Wn11, Wn21, Wn12, and Wn22), W_l is a 
2x2 matrix composed of previous four coef?cients (i.e., 
Wn_l11,Wn_121,Wn_l12, and Wn_l22), I is a 2x2 unit matrix, 
u 2><1 column matrix composed of the output signals, and uT 
is a roW matrix, Which is the transpose of the column matrix 
u. 

In equation (1), When W” is represented as a 2x2 matrix 
having the current four coef?cients Wn11, Wn21, Wn12, and 
Wn22, expression (2) beloW is established. Similarly, in 
equation (1), When WWl is represented as a 2x2 matrix 
having the previous four coef?cients Wn_111, Wn_l121, 
Wn_112, and Wn_122, expression (3) beloW is established. 
Since I is a 2x2 unit matrix, expression (4) beloW is 
established. Since u is a 2x1 column matrix composed of the 
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6 
tWo output signals MAS1 and MAS2, equation (5) beloW is 
established. Since UT is a roW matrix, Which is the transpose 
of the column matrix u, equation (6) beloW is established. 
According to expression (2) and equation (5), the current 
?rst coef?cient Wn11, the current second coef?cient Wn21, 
the current third coef?cient Wn12, and the current fourth 
coef?cient Wn22 are elements constituting the matrix W”. 
The ?rst output signal MAS1 and the second output signal 
MAS2 are respectively u1 and u2 constituting the matrix u. 

Wn11 Wn12 (2) [M21 M22] 
Wnqll wnillz (3) [VI/"i121 “(#1221 
1 0 (4) [0 ll 
14] _ MAS1 (5) [Ml-[MAS2] 

[I41 142]=[MAS1 MAS2] (6) 

The independent component analyZer 110 of FIG. 1 resets 
the apparatus 100 for separating music and voice in step 
S211 When the apparatus is turned on, recogniZes an initial 
state upon reset, for example, When n:l, in step S213, and 
receives four coef?cients W011, W021, W012, and W022, 
Which are set beforehand as initial values, in step S215. 
Further, the independent component analyZer 110 receives I 
and u of equation (1) in step S217. 

Next, the independent component analyZer 110 of FIG. 1 
calculates equation (1) above in step S219, and outputs the 
current four coe?icients Wn11, Wn21, Wn12, and Wn22 in 
step S221. Whether the independent component analyZer 
110 is turned off is determined in step S223. If it is 
determined in step S223 that the independent component 
analyZer 110 is not turned off, the independent component 
analyZer 110 increments n by 1 in step S225, and then 
performs again steps S215 to S221. 
The independent component analysis method 200 of FIG. 

2 is performed in a short convergence time. Therefore, When 
the apparatus 100 of FIG. 1 for separating music and voice 
is mounted on an audio system and a pure music signal (i.e., 
Without a voice signal) estimated through the independent 
component analysis method 200 is output through a speaker, 
a user can listen to the pure music signal of improved quality 
in real time. 

As described above, the apparatus 100 of FIG. 1 for 
separating music and voice according to a preferred embodi 
ment of the present invention includes the independent 
component analyZer 110 Which receives the output signals 
MAS1 and MAS2 composed of a music signal and a voice 
signal and outputs the current ?rst coef?cient Wn11, the 
current second coef?cient Wn21, the current third coef?cient 
Wn12, and the current fourth coef?cient Wn22 calculated 
using the independent component analysis method, such that 
input acoustic signals RAS and LAS are processed accord 
ing to the current ?rst, second, third, and fourth coef?cients 
(i.e., Wn11, Wn21, Wn12, and Wn22, respectively). As a 
result, a music signal and a voice signal are estimated from 
a mixed signal, and a pure music signal can be determined. 

The apparatus 100 of FIG. 1 for separating music and 
voice according to a preferred embodiment of the present 
invention can separate a voice signal and a music signal 
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from a mixed signal in a short convergence time by using the 
independent component analysis method. The music signal 
and the voice signal of the mixed signal may each be 
independently recorded. The independent component analy 
sis method 200 of FIG. 2 estimates a signal mixing process 
according to a difference in recording positions of sensors. 
Thus, users can easily select accompaniment from their oWn 
CDs, DVDs, or audio cassette tapes, or FM radio, and listen 
to music of improved quality in real time. The users can 
listen to the song accompaniment alone or sing along (i.e., 
add their oWn lyrics). Furthermore, since the independent 
component analysis method 200 for separating music and 
voice is relatively simple and time taken to perform the 
independent component analysis method 200 is generally 
not long, the method can be easily implemented in a digital 
signal processor (DSP) chip, a microprocessor, or the like. 

Although the illustrative embodiments have been 
described herein With reference to the accompanying draW 
ings, it is to be understood that the present invention Is not 
limited to those precise embodiments, and that various other 
changes and modi?cations may be affected therein by one of 
ordinary skill in the related art Without departing from the 
scope or spirit of the invention. All such changes and 
modi?cations are intended to be included Within the scope of 
the invention as de?ned by the appended claims. 

What is claimed is: 
1. An apparatus for separating music and voice from a 

mixture, comprising: 
an independent component analyZer Which receives a ?rst 

?ltered signal and a second ?ltered signal comprising 
of music and voice components, and outputs a current 
?rst coefficient, a current second coef?cient, a current 
third coef?cient, and a current fourth coef?cient; 

a music signal selector Which outputs a multiplexer con 
trol signal in response to a most signi?cant bit of the 
second coefficient and a most signi?cant bit of the third 
coef?cient; 

a ?lter Which receives an R channel signal and an L 
channel signal representing audible signals, and outputs 
a ?rst ?ltered signal and a second ?ltered signal; and 

a multiplexer Which selectively outputs the ?rst ?ltered 
signal or the second ?ltered signal in response to the 
multiplexer control signal. 

2. The apparatus of claim 1, Wherein the ?lter further 
comprises: 

a ?rst multiplier Which multiplies the R channel signal by 
the ?rst coef?cient and outputs a second product signal; 

a second multiplier Which multiplies the R channel signal 
by the second coef?cient and outputs a ?rst product 
signal; 

a third multiplier Which multiplies the L channel signal by 
the third coef?cient and outputs a third product signal; 

a fourth multiplier Which multiplies the L channel signal 
by the fourth coef?cient and outputs a fourth product 
signal; 

a ?rst adder Which adds the ?rst product signal and the 
third product signal to determine the ?rst ?ltered signal; 
and 

a second adder Which adds the second product signal and 
the fourth product signal to determine the second 
?ltered signal. 

3. The apparatus of claim 1, Wherein the independent 
component analyZer determines the current ?rst coef?cient, 
the current second coef?cient, the current third coef?cient, 
and the current fourth coef?cient from the folloWing equa 
tion: 
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Wherein W” is a 2x2 matrix composed of the current ?rst 
coef?cient, the current second coef?cient, the current 
third coef?cient, and the current fourth coefficient, WW 1 
is a 2x2 matrix composed of a previous ?rst coefficient, 
a previous second coef?cient, a previous third coeffi 
cient, and a previous fourth coefficient, I is a 2x2 unit 
matrix, u is a 2x1 column matrix composed of the ?rst 
?ltered signal and the second ?ltered signal, and ur is 
a roW matrix, Wherein uT is a transpose of the column 
matrix u. 

4. The apparatus of claim 3, Wherein the current ?rst 
coef?cient, the current second coef?cient, the current third 
coef?cient, and the current fourth coef?cient are respectively 
Wn11, Wn21, Wn12, and Wn22, the previous ?rst coe?icient, 
the previous second coef?cient, the previous third coeffi 
cient, and the previous fourth coef?cient are respectively 
Wn_l11, Wn_l21, Wn_112, and Wn_l22, and the ?rst ?ltered 
signal and the second ?ltered signal are respectively u1 and 
u2. 

5. The apparatus of claim 1, Wherein the R channel signal 
and the L channel signal are exchangeable Without distinc 
tion. 

6. The apparatus of claim 1, Wherein the R channel signal 
and L channel signal are 2-channel stereo digital signals 
output from an audio system. 

7. The apparatus of claim 6, Wherein the audio system is 
one of a compact disc player, a digital video-disc player, an 
audio cassette tape player, and an FM receiver. 

8. A method of separating music and voice from a 
mixture, comprising: 

(a) receiving at an independent component analyZer a ?rst 
?ltered signal and a second ?ltered signal comprising 
of music and voice components and outputting a cur 
rent ?rst coef?cient, a current second coef?cient, a 
current third coefficient, and a current fourth coeffi 

cient; 
(b) generating a multiplexer control signal in response to 

a most signi?cant bit of the second coef?cient and a 
most signi?cant bit of the third coef?cient; 

(c) receiving an R channel signal and an L channel signal 
representing audible signals, and outputting the ?rst 
?ltered signal and the second ?ltered signal; and 

(d) selectively outputting the ?rst ?ltered signal or the 
second ?ltered signal in response to a logic state of the 
multiplexer control signal. 

9. The method of claim 8, Wherein the step (c), further 
comprises: 

(i) generating a ?rst product signal by multiplying the R 
channel signal by the current ?rst coefficient; 

(ii) generating a second product signal by multiplying the 
R channel signal by the current second coef?cient; 

(iii) generating a third product signal by multiplying the 
L channel signal by the current third coef?cient; 

(iv) generating a fourth product signal by multiplying the 
L channel signal by the current fourth coef?cient; 

(v) generating the ?rst ?ltered signal by adding the ?rst 
product signal and the third product signal; and 

(vi) generating the second ?ltered signal by adding the 
second product signal and the fourth product signal. 

10. The method of claim 8, Wherein the independent 
component analyZer determines the current ?rst coefficient, 
the current second coe?icient, the current third coefficient, 
and the current fourth coe?icient from the folloWing equa 
tion: 

Wn:W,H+(1-2 tan 1100M) WM 
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wherein W” is a 2x2 matrix composed of the current ?rst 
coef?cient, the current second coef?cient, the current 
third coef?cient, and the current fourth coef?cient, WW 1 
is a 2x2 matrix composed of a previous ?rst coef?cient, 
a previous second coe?icient, a previous third coeffi 
cient, and a previous fourth coef?cient, I is a 2x2 unit 
matrix, u is a 2x1 column matrix composed of the ?rst 
?ltered signal and the second ?ltered signal, and ur is 
a roW matrix, Wherein uT is the transpose of the column 
matrix u. 

11. The method of claim 10, Wherein the current ?rst 
coef?cient, the current second coe?icient, the current third 
coef?cient, and the current fourth coef?cient are respectively 
Wn11, Wn21, Wn12, and Wn22, the previous ?rst coef?cient, 
the previous second coef?cient, the previous third coef? 
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cient, and the previous fourth coef?cient are respectively 
Wn_l11, Wn_l21, Wn_112, and Wn_l22, and the ?rst ?ltered 
signal and the second ?ltered signal are respectively u1 and 
u2. 

12. The method of claim 8, Wherein the R channel signal 
and the L channel signal are exchangeable Without distinc 
tion. 

13. The method of claim 8, Wherein the R channel signal 
and the L channel signal are 2-channel stereo digital signals 
output from an audio system. 

14. The method of claim 13, Wherein the audio system is 
one of a compact disc player, a digital video disc player, an 
audio cassette tape player, and an FM receiver. 

* * * * * 


